RCsum6. -Un spectromktre a reseau destine A Stre utilise dans l'infrarouge proche en liaison avec un telescope a kt6 transform6 en systeme multiplex par l'addition d'un disque codeur dans le plan du spectre. Ce disque permet de moduler a des frequences differentes 16 canaux qui sont ensuite skpares par un calculateur. Les avantages et inconvenients du systkme par rapport a un interferomstre a deux ondes sont discutes.
A spectrometric system has been devised which meets the following specification :
Wavelength range
: 1 y to 3 y
Resolving Power (1161) : --20 Photometric Accuracy : N $-1 % These were the requirements of the USAF Cambridge Research Laboratories for a balloon-borne spectrometer to measure the spectrum of the planet Venus. The aperture of the telescope was 12 inches. Figure 1 shows an estimate of the variation with wavelength of the signal power which would be collected from Venus in a 0.1 y bandwidth by a 12 inch telescope at a point just above the earth's atmosphere.
This has been calculated for the position of greatest elongation of the planet, and assuming an albedo of 80 %. After the inevitable reflection losses in the telescope and spectrometer, the power available in the desired resolved width is unlikely to be significantly greater than the Noise Equivalent Power (NEP) of a typical uncooled infra-red detector for this spectral region. It would, therefore, have been unwise to hope that a typical spectral element would be determined with a signal-to-noise ratio significantly greater than one, in one second. To achieve the desired photometric accuracy of 1 %, (i, e. a signal to noise improvement factor (Q) of loo), integration times of the order of 10 000 seconds ( Q 2 x 1 seconds) had to be contemplated for each spectral element. However, as a consequence of the relative sizes of the orbits of Venus and the Earth and the length of the terrestrial day, the time for which it is possible to observe the planet with the Sun below the horizon is only rarely of this order. A scanning spectrometer was, therefore, ruled out as it could not possibly measure all the spectral elements of interest with the required accuracy in the time available.
If the experiment had been one visible spectrometry, no improvement to the situation could have been obtained by adopting multiplex techniques (the two methods being equivalent in photon shot noise limited situations). However, in infra-red spectrometry, the detector provides the dominant source of noise and by using an orthogonal set of coding functions for the spectral elements, one can effectively observe each element for the whole experimental time [I] . A suitable multiplex spectrometer was therefore sought.
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As is well known [2], if cp is the flux through a spectrometer whose entrance aperture is illuminated with unit brightness, R is the spectral resolving power at which it is operating, and A is the cross sectional area of the collimator then :
The value of the constant is a figure of merit for the particular spectrometer system.
For a Michelson Interferometric spectrometer, K is 2 n. For a grating spectrometer K is 2 P sin 8, where P is the angular height of the slit and 8 is the operating angle of the grating (supposed operating at its blaze peak arcsec. This yields D, -70 p which is absurdly small. This is not, however, in itself, a reason for rejecting high K-value systems. Rather, it means that the smallest practicable such instrument would appear to be more than adequate for the task. However, it is easy to show that unless sophisticated methods are introduced for control of the motion of the moving mirror in the Michelson, the resolving power R is severely limited. The Michelson's K-value superiority over a grating instrument is therefore almost exclusively devoted to accepting light over a large solid angle, or in miniaturising the spectrometer. In the present case, we have seen that this leads to an impracticably small instrument.
A further difficulty associated with Michelsons arises in the electrical signal from the detector, but is a consequence of a fundamental property of the simple Michelson. At the point where the two arms of the interferometer are equal in length, the path difference is zero for all wavelengths. Hence all give rise to constructive interference with a consequent large signal from the detector. As the mirror moves away from this position, the detector signal oscillates with a decaying amplitude, until far away from zero path difference its oscillations are very small. This behaviour presents acute data handling difficulties as the dynamic range involved can be enormous. In order adequately to represent the interferogram in a region where it makes small oscillations about a large mean level, the initial pulse may take up an amount of data storage space which is grossly excessive, bearing in mind the amount and type of information carried by the pulse.
Conventional dispersive spectrometers, although having K-values several orders of magnitude lower than Michelsons, are quite capable of the required performance and could be made of manageable physical size. Since cpR = KA, we have that KD, is constant, and so to make a grating instrument with D, --1 cm. The conventional dispersive system is so clearly adequate for the task that ways of multiplexing its output should be considered. Several methods suggest themselves, but the one with which we are concerned in this paper involves the use of a multichannel chopper in the plane of the spectrum. One of the attractive features of an entrance and exit slit dispersive spectrometer is that, assuming the spectral widths of the slits are matched and that aberrations are negligible, the instru-mental profile is a very well-behaved function, viz. an isosceles triangle. In the case of the Michelson, the instrumental profile arises from the finite time for which the experiment is performed. The detector signal from a monochromatic input is a sinusoid (neglecting D. C . terms) which should last for infinite time. However, the finite experimental time effectively multiplies this infinite waveform by a square pulse, and so in the subsequent transformation process, the delta function (neglecting negative frequency terms) representing the true spectrum becomes convoluted with a Sinc function in the manner illustrated in figure 2 . Thus, two closely-spaced monochromatic lines each give rise to such a Sinc function and are distinguishable as two lines only if their peaks are separated by at least the distance to the first minimum. If one line is much weaker than the other, then it is very easy for its prescence t o be masked by the subsidiary maxima in the profile of the other line. This situation can, to some extent, be improved by t h e adoption of a technique known as apodisation. In this, information is deliberately sacrificed by multiplying the observed interferogram by a function which decays to zero at the end of the experimental time, but which has a more acceptable Fourier transform than that of a square puke. In this way, it is possible to reduce the significance of the subsidiary maxima, but at the expense of the half width of the principal maximum.
There are clearly many possible apodisation functions, and one chooses the most suitable in each case. However, this frequently requires some fore-knowledge of the final result.
It would obviously be an advantage if the triangular Spectrum instrumental profile of the dispersive spectrometer could be preserved, whilst a t the same time achieving a multiplexed output. A way in which this, and several other important advantages, can be achieved is t o use the multi-channel coded disc referred to above. Consider a dispersed spectrum, formed along the radius of a disc (Fig. 3a) . If the surface of the disc is 
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Using the convolution theorem,-and n e g l e c t l n g the n e g n t l v e f r e q u e n c y t e r m i n t h e t r a n s f o r m ot t h e sinusold, w e o b t a i n for t h e f o u r l e r t r a n s f o r m of the observed l n t e r f e r o g r a m SO t h e instrumental profile of t h e s y s t e m Is a slnc f u n c t l o n 1.0. t h e r e p r e s e n t a t i o n whlch t h e i n s t r u m e n t plus computer m a k e s o! t h e o r i g i n a l m a n o c h r o m a t f c line Is divided up into a series of concentric annuli, then they, in their turn, will divide the spectrum into a series of segments, any one annulus, or channel, defining a wavelength interval 62. If each annulus is divided up into a different number of alternately opaque and transparent sectors (Fig. 3b) , then rotation of the disc will cause the various wavelength intervals to be interrupted at frequencies depending upon the position of their median wavelengths. If, after having passed through the disc, the energy from the entire spectrum is collected onto a single detector, the resulting electrical signal will contain a range of frequencies corresponding to those produced by the rotation of the disc. Although similar to the Michelson, there are some very important differences. All of the energy associated with a range of wavelengths 62 is coded with a single frequency, whereas in the Milcheson, the range 62 would give rise to a range of frequencies. Thus the interferogram can be represented as the sum of a series of wavetrains having discrete frequencies, multiplied by a square pulse of width equal to the experimental time. The Fourier transform of this is thus the convolution of a comb of Dirac 6-functions with a sinc function (Fig. 4) . Each of the original 6-functions, therefore, (( spreads )) into a Sinc function, the main lobes being centred on the channel frequencies, and their widths being inversely proportional to the length of the experimental time. The heights of these Sinc functions will, of course, depend on the signal strength associated with the channel concerned, but, as can be seen from figure 4, the amount of each channel frequency present in the interferogram will, in general, be made up of contributions from all channels. However, if each channel has an integral number of cycles, all channel frequencies are given by an integer divided by P, the period of revolution of the disc. Thus, for an infinitely long experimental time, the comb of Dirac 6-functions will occur at frequencies n/P, where n is any integer. If the experimental time is an integral number of disc rotation periods, say NP, then the Sinc function with which the comb is convoluted is NP. sinc (n . NP. f ), (f being a running frequency variable). This has zeros at frequencies given by (n. NP. f ) = n. (Integer). Hence :
For N = 1, these are none other than the channel frequencies. For higher values of N, there are additional zeros between the channel) frequencies as well as at them (see figure 5 ). This is a very important property of Effect of finite number of revolutions of coded disc. Channel Integer frequencies on disc are all given by : ---P where P is the period of revolution. For infinite number of revolutions, frequency spectrum is a comb of 6 functions :
FIG. 5 (a).
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For N = 1 these are at the other channel frequencies. For higher N, there are zeros between the channel frequencies as well as at them. the disc method of multiplexing. It means that, provided the section of interferogram which is analysed covers an integral number of disc rotation periods, the energy associated with each and every channel is uniquely labelled by the channel frequency. This amount of energy is, of course, determined by the triangular instrumental profile associated with the entrance slit and exit channel widths. As a direct consequence of the Fourier series, rather than Fourier transform nature of the interferogram, the need for apodisation is removed.
A second important difference between the multiplexing disc and the other systems we have discussed, is that the relative phases of the component frequencies in the interferogram are under our control. In the Michelson, all frequencies are in phase at the position of zero path difference (in the absence of dispersion) and give rise to the large initial pulse. However, in the case of the disc, there is no reason why the channels should ever all be in phase. We can deliberately choose a sequence of phases which minimises the dynamic range of the interferogram (for an assumed input spectrum). This process of introducing phase dispersal amongst the interferogram component frequencies is the same as that used in what is known as (( Chirpradar )) and so has been called (( chirping )). A Michelson can be (( chirped )) by putting a piece of dispersing material in one arm. This causes the mirror position corresponding to zero path difference to be a function of wavelength and hence lowers the dynamic range of the interferogram. However, an inevitable consequence of this is that the given excursion of the moving mirror bestrides the position of zero path difference differently for each wavelength, and, in general, is not centred on it. The Fourier transform of a square pulse not centred on zero can be obtained by considering the pulse to be the convolution of a 6-function having the required zero displacement, with a square pulse of the same width, but which is centred on zero. The instrumental profile for each wavelength is thus a Sinc function multiplied by a sinusoid whose frequency depends on the wavelength via the dispersive characteristic of the medium inserted in the interferometer arm. This disadvantage is usually present to some extent as a result of dispersion in the beam splitter. A way out is to take the power Fourier transform, but this gives rise to non-linearities at low signal to-noise levels.
The advantages of the (( chirped 1) multiple channel chopping disc so far discussed may be summarised as follows (i) The correspondence of discrete frequencies in the interferogram with intervals of wavelength in the optical spectrum gives rise, providing the correct length of interferogram is used, to a unique labelling of the wavelength interval and a triangular instrumental profile.
(ii) The judicious choice of phase relations between channels can be used to reduce the dynamic range of the interferogram to a minimum, without affecting the instrumental profile.
If we were able to make the opaque sections of the disc reflecting, then the whole of the incident light could be observed by two detectors and a gain of f i in signal-to-noise ratio obtained. Also, since the two detector signals would be in anti-phase, subtraction of them would remove the D. C. component, leaving a balanced interferogram.
An instrument of the type outlined above was constructed for the USAF 12 inch balloon-borne telescope, but before it could fly, the teIescope was accidentally destroyed. A second telescope of 24 inch aperture was built and a new spectrometer to match it has been made. This instrument is awaiting balloon flights in the United States.
Meantime, the properties of the disc have been further investigated. In the discussion so far, we have disregarded frequencies outside the range of channel fundamentals. These can cause a great deal of trouble and must be considered very carefully.
The removal of the one-to-one correspondence between optical and interferogram frequencies which the chopping disc permits, and the consequent from the necessity to apodise, brings with it a different set of problems. In the Michelson interferometer, the bandwidth of the interferogram can be restricted by techniques such as optical filtering. In the case of the multichannel disc spectrometer, the interferogram is composed of a finite number of waveforms with discrete pulse repetition frequencies, but which necessarily contain significant quantities of higher harmonics. The particular harmonic spectrum will depend on the exact wave form, this latter being essentially the convolution of the channel square waves with the intensity distribution across the dispersed spectrum. To ensure meaningful spectra, these harmonics must be filtered out in some way, or the sampling frequency made high enough to cope with all frequencies whose contributions are significant in comparison with the photometric accuracy required.
In order to assess which method to adopt in particular cases, it is necessary to consider in some more detail, the actual waveforms which go to make up the interferogram. If the source is an extended one, and the entrance aperture of the spectrometer is rectangular and completely filled, then the intensity distribution across the dispersed spectrum is a (( square )) pulse (Fig. 6a) . When this is modulated by the channels on the disc, the resulting waveform is a trapezoid i. e. the convolution of the two functions (*) (Fig. 6b) . The frequency spectrum of this trapezoid is then given by the convolution theorem as the product of the spectra of the two functions being convoluted -in this case the product of the square wave spectrum with the Sinc function associated with the square pulse (Fig. 6c) . The higher harmonics of the square wave spectrum will be present, modified by the local value of the multiplying sinc function. Herein lies a possible method of filtering. If the (( height )) of the entrance slit is chosen so that (( D )) (the width .of the square pulse) is such that the first zero of the sinc function occurs at the third harmonic of the channel frequency then upon mu:tiplication, the third harmonic disappears and the higher ones are severely attenuated. This in fact occurs when :
The length of the arc corresponding to
D-= 113 one complete channel cycle
The loss of the fundamental is not severe, it being reduced to about 82 % of its former value. It is then (*) This assumes that the source spectrum changes slowly over a channel width. This condition will usually be satisfied since the channel width is chosen so that the resolution it represents can cope with the spectral variations. possible with relatively simple electrical filtering techniques to attenuate the remaining harmonics, there being the interval from the fundamental to the 5th harmonic available for the filter to change from pass to reject. Clearly, if the square pulse could be replaced by a function whose Fourier transform were zero at all channel harmonics and high (preferably unity) at the fundamental, then the component wave-forms of the interferogram would be sinusoids and the sampling rate would be that commensurate with the channel fundamental frequencies. The form of the intensity distribution across the spectrum can indeed be controlled (on an extended source) by modifying the shape of the entrance aperture. One proviso must be observed and that is that the function by which the square pulse is replaced cannot have negative values. A simple way of ensuring this, is to arrange that it is the square of another function. The Fourier transform of this second function, when convoluted with itself, must satisfy our filtering condition set out above. The simplest set of functions which spring to mind are the triangle (which is the convolution of a square pulse with itself) and the sinc2 -i. e. the product of the sincs derived from the two square pulses being convoluted. The triangular (( filter function )) can be chosen to have reached zero by the third harmonic of the channel fundamental. In this case its value at the fundamental is 66 5 % which is possibly tolerable. All this implies, of course, a distribution of intensity across the optical spectrum of sinc2 which is clearly impossible since it extends to infinity. However, it can be shown that, if the entrance aperture is shaped so that just the main lobe of sinc2 is represented, the resulting function is still sensibly zero after a small negative going lobe (Fig. 7) . It is again possible to arrange that the first zero coincides with the third harmonic, the subsequent zero level being reached before the fifth and higher harmonics. Under these circumstances the amount of fundamental allowed through is still --66 $ %.
The circumstances under which this method of filtering may be advantageous will have to be considered carefully for individual cases. The loss of energy introduced by the restriction of the entrance aperture must be taken into account in assessing the multiplex advantage over a sequentially scanning instrument with full aperture and no chopping.
For case of a non-extended source, e. g. a planet not filling the entrance aperture, the interferogram component waveforms must be considered individually. If the phase of the planet is (( full n and the image is well stabilised by the tracking telescope, then the (( filter function )) becomes the transform of the linear projection of a circle, i. e. a Bessel function. The positions of its zeros in frequency space will depend on the diameter of the planetary image in relation to the channel width, however in any particular case, its filtering effect can be assessed and the necessity for further filtering considered. For t( gibbous )> or t( crescent )) phases computation would be required.
The choice as to use of a continous or discontinuous rotation of the disc is also, to a large extent, determined by the method of filtering adopted. Electrical filtering, which may be by simple time constant or active technique (if the interferogram appears as a carrier wave modulation envelope), requires that the disc rotate continuously. Reference points for sampling can always be incorporated on the disc at the time the master is ruled, thus taking care of any nonuniformities in the drive.
If high-frequency sampling, or entrance aperture filtering are used, then a stop-start motion of the disc offers certain advantages. The positions of the samples can again be controlled by a reference track on the disc, and integration on each sampling point carried out for any desired time. Tests using a simulated spectrum, with aperture control filtering and stop-start integration have been carried out, and the results are shown in figure 8 . It is clear that with suitable filtering the spec- C 2 -5 1 trum can be recovered from the interferogram to the required accuracy. A different approach to the processing of the interferogram may be taken by performing an analogue Fourier transform. All the channel pulse repetition frequencies were chosen so that there were an even number of cycles in a full revolution. This ensures that the entire chirp pattern repeats twice on the disc. Thus, along a radius at 1800 to that on which the dispersed spectrum is formed, the pattern is always identical with that through which the spectrum is passing at that instant. Suppose that along this radius, there is formed a strip of light whose brightness is uniform but varying in time, say B(t). Suppose the waveform produced by the convolution of this strip with the n-th disc channel is :
If a detector is arranged to collect the light passing thropgh the channel, then, after a time T, the signal collected will be proportional to :
If now we couple the interferogram emerging from the infra-red detector to this strip of light i. e. arrange that B(t) is the interferogram, we shall have :
where N = the number of channels on the disc and(ao + a , sin2 z.f,t + a2 sin2 n.2fnt + ..-)isthe waveform produced by the convolution of the discchannel with whatever intensity distribution exists across the infra-red spectrum. I, is the strength of the n-th element of the infra-red spectrum. Substituting for B(t) in the integral for S, and remembering that sinusoids are orthogonal, we have (providing T is an integral number of disc revolutions).
Thus the integrated signal on the detector associated with channel n is composed of a term arising out of the D. C. and a term proportional to the strength of the infra-red spectrum at channel n. After some reduction of the above equation, we have that I, is proportional to :
Since, in any particular case, the quantity in the square bracket can be evaluated, it is easy to arrange a simple network to operate upon the emerging S,'s and display the values of In as time proceeds, at ever increasing signal to noise ratio.
This method has the advantage that the higher harmonics of the interferogram component waveforms are automatically taken into account, but the disadvantage of having to subtract the D. C. term. More complicated analogue systems, using reflecting and transmitting encoders are possible, in which the D. C . term does not appear, since the reflected light can be regarded as negative in the electronics.
The main differences between this instrument and Michelson spectrometers are :
(a) Elimination of the necessity of altering path difference accurately ;
(b) The possibility of decreasing the dynamic range of the (( interferogram )) by controlled phase-dispersal.
(The phase dispersal must be matched to the input spectrum) ; (c) The instrumental profile is fixed by geometry and not by computing ;
(d) The device can act as its own analogue transformer ; (e) Beamsplitters are not required ; ( f ) Spectral filtering is provided intrinsically ; (g) Modulation frequencies are not related to optical frequencies ; (h) Since the spectrum is necessarily dispersed, the detector is larger in area than in the Michelson -this will restrict the application of the encoder system if the multiplex advantage is required.
This last point does not in fact bother us in the present application as the size of the detector necessary is still comparable with the smallest available. 
